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DETAILED ACTION 

Response to Amendment 

1 . In response to the office action from 7/1/2008 and the Notice of a Non-responsive 
Amendment from 10/27/2008, the applicant has submitted a Request for Continued Examination 
(RCE), filed 1 1/17/2008, amending independent claims 1, 29, 34, and 62, while arguing to 
traverse the art rejection based on the limitation regarding generating an adjusted first parameter 
in the presence of speech, noise, and a combination thereof (Amendment, Pages 18-19). 
Applicant's arguments have been fully considered, however the previous rejection is maintained 
due to the reasons listed below in the response to arguments. 

2. The IDS filed on 1 1/17/2008, which includes the reference requested in the Requirement 
for Information from 7/1/2008, has been considered by the examiner. 

3. In response to amended claims 3, 6-17, 21-25, 27-28, and 67, the examiner has 
withdrawn the 35 U.S.C. 1 12, second paragraph rejection directed to indefinite claim language. 

Response to Arguments 

4. Applicant's arguments have been fully considered but they are not persuasive for the 
following reasons: 
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With respect to independent Claim 1, the applicants argue that Yue et al (U.S. Patent: 
6,026,356) fails to teach the unit for generation of "an adjusted first parameter in a presence of 
speech, noise, and combination thereof because the applicant's invention performs its noise 
reduction in the presence "speech, noise, and combination thereof while Yue only performs 
noise reduction in response to the "detection of only non-speech sounds" (Amendment, Page 19). 

Giving the broadest reasonable interpretation to the current broad claim scope (i.e., the 
claim fails to mention any details of what is meant by a "parameter", how it is "adjusted", and 
only generally notes that the process is performed in the presence of speech, noise, and a 
combination thereof which can be taken to mean merely performing the process in an 
environment where those types of signals would be present), the examiner notes that such a 
limitation can be read as the processor performing its function (generating an adjusted first 
parameter) in a noisy speech environment (i.e., in a presence of speech, noise, and combination 
thereof. It is pointed out that Yue recites speech coding parameter replacement implemented in 
a mobile telephone environment (Col. 1, Lines 50-56; and Col. 5, Line 66- Col. 8, Line 11), an 
environment in which speech is subjected to distorting background noise (i.e., the process is 
performed in a presence of noisy speech- noise speech and a combination thereof. Since Yue 
performs the LPC parameter adjustment in this noisy mobile speech environment or "presence", 
the teachings of Yue anticipate the currently claimed invention. Thus, the applicant's arguments 
have been fully considered, but are not convincing. 

The art rejection of the remainder of independent and dependent is traversed for reasons 
similar to claim 1 (Amendment, Pages 19-20). In regards to such arguments, see the response 
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directed to claim 1 . Also, claims 29 and 62 do not recite "in the presence of speech, noise and 
combination thereof, thus, the applicant's arguments with respect to this claim are moot. 

Claim Objections 

5. Claims 3-15, 21-24, 27, 29-33, and 62-66 are objected to because of the following 
informalities: 

Claims 3, 4, 6, 7, 9, 10, 13, 15, 21, 22, 23, 24, and 27 recite various elements "arranged 
to" perform certain functions. It is not certain whether these functions are part of the claim 
because they are not positively recited only "arranged to" be performed. These functions will be 
considered as being actively performed for the application of the prior art of record. Further 
dependent claims 5, 8, 11-12, and 14 fail to overcome the preceding claim objections, and thus 
are also objected to by virtue of their dependency. 

In claims 29 and 62, line 1, "the noise characteristic" should be changed to -a noise 
characteristic- in order to provide proper antecedent basis for this limitation in the claim. 
Further dependent claims 30-33 and 63-66 fail to overcome the preceding claim objections, and 
thus are also objected to by virtue of their dependency. 

Claim Rejections - 35 USC § 102 



6. The following is a quotation of the appropriate paragraphs of 35 U.S. C. 102 that form the 
basis for the rejections under this section made in this Office action: 
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A person shall be entitled to a patent unless - 

(e) the invention was described in (1) an application for patent, published under section 122(b), by another filed 
in the United States before the invention by the applicant for patent or (2) a patent granted on an application for 
patent by another filed in the United States before the invention by the applicant for patent, except that an 
international application filed under the treaty defined in section 351(a) shall have the effects for purposes of this 
subsection of an application filed in the United States only if the international application designated the United 
States and was published under Article 21(2) of such treaty in the English language. 

7. Claims 1, 3, 13-15, 16-18, 20-21, 25-28, 34, 36, 46-48, 49-51, 53-54, and 58-61 are 

rejected under 35 U.S.C. 102(e) as being anticipated by Yue et al (U.S. Patent: 6,026,356). 
With respect to Claims 1 and 34, Yue discloses: 

A reading unit responsive to the compression code of the digital signals to read at least a 
first parameter among a predetermined plurality of parameters in the digital signal, wherein the 
reading includes partially decoding the first parameter (analyzing a compressed digital speech 
data frame and parameter extraction, Col. 5, Lines 32-39; and Col. 5, Lines 50-Col. 6, Line 53); 

Responsive to the compression code and the first parameter, a generation unit to generate 
an adjusted first parameter in a presence of speech, noise, and combination thereof and a 
replacement unit to replace the first parameter with the adjusted first parameter (generating and 
substituting new LPC coefficients, Col. 5, Line 66- Col. 8, Line 11; and parameter replacement 
implemented in a mobile telephone (i.e., noisy speech) environment, Col. 1, Lines 50-56); and 

A transmitter to transmit said digital signal with a managed noise characteristic (network 
featuring a transmitter for sending the noise adjusted parameters to another terminal, Fig. 3). 

With respect to Claims 3 and 36, Yue discloses: 

The first parameter comprises codebook gain, and wherein the processor modifies the 
codebook gain to modify the codebook vector contribution to the noise characteristic (codebook 
gain and gain correction, Col. 3, Lines 47-67; and Col. 4, Lines 47-67). 

With respect to Claims 13 and 46, Yue discloses: 
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The plurality of parameters comprises pitch gain wherein the plurality of parameters 
further comprises a codebook gain, wherein said processor comprises a pitch synthesis filter, 
wherein said processor performs said plurality of decoding steps to generate a first vector, 
wherein said processor scales said first vector by said codebook gain to generate a scaled 
codebook vector, wherein said processor filters said scaled codebook vector through said pitch 
synthesis filter to generate a second vector, wherein said processor generates a power signal 
representing the power of said second vector, wherein said processor is responsive to said pitch 
gain and said power signal to generate said adjusted first parameter, and wherein said adjusted 
first parameter comprises an adjusted pitch gain (excitation parameters comprising codebook 
gain and LPC coefficients, which are processed using a synthesis filter to obtain information 
representing power and modified according to a correction factor, Col. 3, Line 36- Col. 4, Line 
15; and Col. 6, Line 30- Col. 8, Line 11). 

With respect to Claims 14 and 47, Yue further discloses the use of LPC excitation 
parameters corresponding to entries in a codebook (Col. 3, Line 36- Col. 4, Line 14). 

With respect to Claims 15 and 48, Yue discloses: 

The first parameter comprises a codebook vector comprising pulses using variable sets of 
amplitudes, wherein said processor analyzes said sets to identify the powers of said noise 
characteristic represented by said sets, wherein said processor identifies a first set representing a 
power less than the power represented by said sets other than said first set, and wherein said 
processor adjusts said pulses according to said first set to generate said adjusted parameter 
(detecting noise coefficient sets which have a lower power than speech coefficients and using the 
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coefficients in adjusting LPC coefficients, Col. 5, Line 66- Col. 8, Line 11; and Col. 3, Line 36- 
Col. 4, Line 14). 

With respect to Claims 16 and 49, Yue discloses: 

The plurality of decoding steps further comprises at least one decoding step that does not 
substantially affect the management of the noise characteristic and wherein the processor avoids 
performing the at least one decoding step (avoiding decompression processing, Col. 8, Lines 36- 
46). 

With respect to Claims 17 and 50, Yue discloses: 

The one decoding step comprises post-filtering (avoiding synthesis processing, Col. 5, 
Lines 50-65). 

With respect to Claims 18 and 51, Yue discloses: 

The compression comprises a linear predictive code (Col. 4, Lines 9-15). 

With respect to Claims 20 and 53, Yue discloses: 

The compression code comprises code-excited linear prediction code (CELP, Col. 1, 
Lines 18-32). 

With respect to Claims 21 and 54, Yue discloses: 

The first parameter is a quantized first parameter and wherein the reading unit generates 
the adjusted parameter in part by quantizing the adjusted first parameter before replacing the first 
parameter with the adjusted first parameter (quantizing correction bits before re-insertion into a 
data frame, Col. 4, Lines 47-67). 

With respect to Claims 25 and 58, Yue discloses: 



Application/Control Number: 1 0/01 9,61 7 Page 8 

Art Unit: 2626 

The reading unit is responsive to the compression code to perform at least one of a 
plurality of the decoding steps to generate decoded signals and wherein the reading unit is 
responsive to the decoded signals and the first parameter to generate the adjusted first parameter 
(extracting LPC coefficients from a compressed speech signal for noise modification, Col. 5, 
Line 66- Col. 8, Line 11; and Fig. 4). 

With respect to Claims 26 and 59, Yue discloses: 

The first parameter is selected from the group consisting of: codebook vector, codebook 
gain, pitch gain, and LPC coefficient representations, including line spectral frequencies and log 
area ratios (Col. 3, Line 36- Col. 4, Line 14). 

With respect to Claims 27 and 60, Yue discloses: 

The first parameter comprises a representation of LPC coefficients, wherein the reading 
unit is responsive to the compression code and the representation to determine the spectral 
regions affected by noise and to generate the adjusted first parameter to manage the noise 
characteristic in those regions and wherein the adjusted first parameter comprises an adjusted 
representation of LPC coefficients (noise adjustment of LPC coefficients utilizing speech 
detection, Col. 5, Line 66- Col. 8, Line 11). 

With respect to Claims 28 and 61, Yue discloses: 

The representation of LPC coefficients is selected from the group consisting of line 
spectral frequencies and log area ratios (Col. 4, Lines 9-15). 
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Claim Rejections - 35 USC §103 

8. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set forth in 
section 102 of this title, if the differences between the subject matter sought to be patented and the prior art are 
such that the subject matter as a whole would have been obvious at the time the invention was made to a person 
having ordinary skill in the art to which said subject matter pertains. Patentability shall not be negatived by the 
manner in which the invention was made. 

9. Claims 4-5, 22-24, 37-38, and 55-57 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Yue et al in view of Swaminathan (U.S. Patent: 5,495,555). 

With respect to Claims 4 and 37, Yue teaches the system for reducing noise in 
compressed speech data by substituting adjusted speech coefficients, as applied to Claims 1 and 
34. Yue does not specifically suggest substituting speech coefficients based upon pitch gain, 
codebook gain, and signal to noise ratio (SNR), however Swaminathan discloses a means for 
selecting an optimal codebook gain based upon a pitch gain, codebook gain, and a SNR (Col. 12, 
Lines 40-67). 

Yue and Swaminathan are analogous art because they are from a similar field of endeavor 
in speech coding. Thus, it would have been obvious to a person of ordinary skill in the art, at the 
time of invention, to modify the teachings of Yue with the optimal codebook gain selection 
means disclosed by Swaminathan in order to achieve effective speech coding processing for 
voiced to unvoiced transitions (Swaminathan, Col. 3, Lines 31-41). 

With respect to Claims 5 and 38, Swaminathan further discloses: 

The signal to noise ratio comprises a ratio involving noisy signal power and noise power 
of the audio signal (SNR, which is a ratio of signal to noise power, Col. 12, Lines 40-67). 
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With respect to Claims 22 and 55, Yue teaches the system for reducing noise in 
compressed speech frames by substituting adjusted speech coefficients, as applied to Claims 1 
and 34, while Swaminathan discloses subframe-based processing (Col. 2, Line 60- Col. 7, Line 
41). 

With respect to Claims 23 and 56, Yue further discloses the frame -by-frame noise 
processing method and system as shown in Fig. 4. 

Claims 24 and 57 contain subject matter similar to Claims 22 and 55, and thus, are 
rejected for the same reasons. Also, Yue further discloses generating substitute LPC coefficients 
based on past speech frame coefficients (Col. 6, Lines 1-28). 

10. Claims 6, 9, 39, and 42 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yue et al in view of Oshikiri et al (U.S. Patent: 5,878,387). 

With respect to Claims 6 and 39, Yue teaches the system for reducing noise in 
compressed speech data by substituting adjusted speech coefficients, as applied to Claims 1 and 
34. Yue does not specifically suggest the use of a codebook gain and pitch gain at a buffer as 
recited in claims 6 and 39, however Oshikiri discloses the use of such gain factors (codebook 
gain and optimal pitch gain selection, Col. 11, Lines 1-8; and Col. 12, Line 1- Col. 13, Line 11). 

Yue and Oshikiri are analogous art because they are from a similar field of endeavor in 
speech coding. Thus, it would have been obvious to a person of ordinary skill in the art, at the 
time of invention, to modify the teachings of Yue with the use of a codebook gain and pitch gain 
at a buffer as disclosed by Oshikiri in order to provide a means for obtaining sufficient pitch 
information for high quality voice reproduction at a decoder (Oshikiri, Col. 4, Lines 12-17). 
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With respect to Claims 9 and 42, Oshikiri further discloses: 

The first parameter comprises pitch gain, wherein said plurality of parameters further 
comprise codebook gain, wherein the processor performs the plurality of decoding steps to 
generate a codebook vector, wherein said processor scales said codebook vector by said 
codebook gain to generate a scaled codebook vector, wherein said processor generates a power 
signal representing the power of said scaled codebook vector, wherein said processor is 
responsive to said pitch gain and said power signal to generate said adjusted first parameter, and 
wherein said adjusted first parameter comprises an adjusted pitch gain (multiplying a vector by 
an optimal codebook gain to determine a power signal for error determination which is used to 
calculate an optimal pitch gain, Col. 7, Line 33- Col. 8, Line 21; and Col. 8, Lines 46-65). 

1 1 . Claims 7-8 and 40-41 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yue et al in view of Ertem et al (U.S. Patent: 6,453,289). 

With respect to Claims 7 and 40, Yue teaches the system for reducing noise in 
compressed speech data by substituting adjusted speech coefficients, as applied to Claims 1 and 
34. Yue does not specifically suggest adjusting speech coefficients based upon pitch gain and 
signal to noise ratio (SNR), however Ertem discloses a means for selecting a pitch gain 
correction factor based upon a pitch gain and an estimated SNR (Col. 10, Lines 19-45). 

Yue and Ertem are analogous art because they are from a similar field of endeavor in 
noise reduction in speech coding. Thus, it would have been obvious to a person of ordinary skill 
in the art, at the time of invention, to modify the teachings of Yue with the gain correction factor 
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selection means disclosed by Ertem in order to achieve reliable noise estimation for noise 
reduction processing (Ertem, Col. 1, Lines 38-44). 

With respect to Claims 8 and 41, Ertem further discloses: 

The signal to noise ratio comprises a ratio involving noisy signal power and noise power 
of the audio signal (SNR comprising speech and noise power levels, Col. 10, Lines 19-45). 

12. Claims 10-12, 19, 43-45, and 52 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Yue et al in view of Chen (U.S. Patent: 5,615,298). 

With respect to Claims 10 and 43, Yue teaches the system for reducing noise in 
compressed speech data by substituting adjusted speech coefficients, as applied to Claims 1 and 
34. Yue does not specifically suggest the use of a pitch gain at a buffer as recited in claims 10 
and 43, however Chen discloses a process for determining pitch weighting for a first lag (Col. 

28, Line 11- Col. 29, Line 18). 

Yue and Chen are analogous art because they are from a similar field of endeavor in 
noise reduction in speech coding. Thus, it would have been obvious to a person of ordinary skill 
in the art, at the time of invention, to modify the teachings of Yue with the process for 
determining pitch weighting for a first lag as taught by Chen in order to achieve pitch processing 
which ensures that voiced regions do not get amplified relative to unvoiced regions (Chen, Col. 

29, Lines 11-14). 

With respect to Claims 11 and 44, Chen discloses a process for determining pitch 
weighting for a second lag (Col. 28, Line 11- Col. 29, Line 18). 



Application/Control Number: 1 0/01 9,61 7 Page 1 3 

Art Unit: 2626 

With respect to Claims 12 and 45, Chen discloses a long-term predictor buffer utilized 
for the first and second pitch lags (Col. 28, Line 11- Col. 29, Line 18). 

With respect to Claims 19 and 52, Chen further discloses the use of a long-term 
predictor code (Col. 11, Lines 26-33). 

13. Claims 29-33 and 62-66 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Yue et al in view of the Applicants' Admitted Prior Art (AAPA). 
With respect to Claims 29 and 62, Yue discloses: 

A processor responsive to the second bits to adjust the first bits and second bits, without 
decoding said compression code, whereby the noise characteristic in the digital signals is 
controlled in a presence of speech, noise, and a combination thereof (replacing LPC parameters 
for noise conditioning in response to analyzing an excitation bit segment at a speech detector, 
Col. 4, Lines 1-7; and Col. 5, Line 66- Col. 8, Line 11; and speech coding parameter 
replacement implemented in a noisy speech mobile telephone environment, Col. 1, Lines 50-56; 
and Col. 5, Line 66- Col. 8, Line 11); and 

A transmitter module to transmit adjusted first and second bits to a device to produce a 
corresponding audible signal with managed noise for an end user (signal processor, 100, located 
in a network element featuring a transmitter for sending the noise adjusted speech data, Fig. 3). 

Although Yue discloses adjusting bits directed to LPC compression code and further 
teaches a TFO GSM implementation (Col. 1, Lines 18-32 and Col. 3, Lines 9-19), Yue does not 
explicitly recite the combination of a compression code and a linear code to express a speech 
signal, known to such a TFO GSM coding scheme, however, is well known in the prior art as is 
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evidenced by the AAPA. The AAPA recites a TFO GSM standard using a combination of coded 
speech and PCM bits (Page 2, Line 11- Page 3, Line 11; and Fig. 3). 

Yue and the AAPA are analogous art because they are from a similar field of endeavor in 
speech compression. Thus, it would have been obvious to a person of ordinary skill in the art, at 
the time of invention, to modify the teachings of Yue with the TFO GSM standard recited in the 
AAPA in order allow Yue's noise controller to comply with well-known cellular network 
standards (AAPA, Page 2, Lines 17-19). 

With respect to Claims 30 and 63, the AAPA further recites the use of PCM code (Page 
2, Line 7- Page 3, Line 11). 

With respect to Claims 31 and 64, the AAPA recites the TFO GSM standard as applied 
to Claims 26 and 57. 

With respect to Claims 32 and 65, the AAPA further recites first bits comprising the two 
LSBs and second bits comprising 6 MSBs (Page 3, Lines 3-11; and Fig. 3). 

With respect to Claims 33 and 66, the AAPA further recites the use of PCM code for the 
6 MSBs (Page 2, Line 7- Page 3, Line 11; and Fig. 3). 

14. Claims 67-68 are rejected under 35 U.S.C. 103(a) as being unpatentable over Yue et al in 
view of Malvar (U.S. Patent: 6,029,126). 

With respect to Claims 67-68, Yue teaches the system for reducing noise in compressed 
speech data by substituting adjusted speech coefficients, as applied to Claims 1 and 34. 
Although Yue teaches parameter replacement as applied to claims 1 and 34, Yue does not 
specifically suggest that partial decoding generates noisy speech signal and, subsequently, an 
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estimated clean speech signal. Malvar, however, discloses that signal modification can be 
performed on a received noisy speech signal in the compressed domain, wherein interfering 
signals (i.e., noise) would be suppressed, resulting in an estimated clean speech signal (Col. 1, 
Line 50- Col. 2, Line 4; Col. 2, Lines 22-34; Col. 3, Lines 44-59). Since this process is 
performed in the compressed domain and does not involve full decoding and re-encoding, it 
would inherently require partial decoding (Col. 2, Lines 1-4). 

Yue and the Malvar are analogous art because they are from a similar field of endeavor in 
speech processing in the compressed domain. Thus, it would have been obvious to a person of 
ordinary skill in the art, at the time of invention, to modify the teachings of Yue with the 
compressed domain signal enhancement concept taught by Malvar in order to provide a means of 
enhancing a speech in a noisy speech signal without adding further delay (Malvar, Col. 2, Lines 
1-4; and Col. 3, 44-59). 



Conclusion 



15. All claims are drawn to the same invention claimed in the application prior to the entry of 
the submission under 37 CFR 1.1 14 and could have been finally rejected on the grounds and art 
of record in the next Office action if they had been entered in the application prior to entry under 
37 CFR 1.114. Accordingly, THIS ACTION IS MADE FINAL even though it is a first action 
after the filing of a request for continued examination and the submission under 37 CFR 1.1 14. 
See MPEP § 706.07(b). Applicant is reminded of the extension of time policy as set forth in 37 
CFR 1.136(a). 
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A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within TWO 
MONTHS of the mailing date of this final action and the advisory action is not mailed until after 
the end of the THREE-MONTH shortened statutory period, then the shortened statutory period 
will expire on the date the advisory action is mailed, and any extension fee pursuant to 37 CFR 
1.136(a) will be calculated from the mailing date of the advisory action. In no event, however, 
will the statutory period for reply expire later than SIX MONTHS from the mailing date of this 
final action. 

16. The prior art made of record and not relied upon is considered pertinent to applicant's 
disclosure: See PTO-892. 

17. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to James S. Wozniak whose telephone number is (571) 272-7632. 
The examiner can normally be reached on M-Th, 7:30-5:00, F, 7:30-4, Off Alternate Fridays. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Patrick Edouard can be reached at (571) 272-7603. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 
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Information regarding the status of an application may be obtained from the Patent 

Application Information Retrieval (PAIR) system. Status information for published applications 

may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 

applications is available through Private PAIR only. For more information about the PAIR 

system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private PAIR 

system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll-free). 

/James S. Wozniak/ 

Primary Examiner, Art Unit 2626 



